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DETAILED ACTION 
Claim Rejections - 35 USC § 102 

1 . The following is a quotation of the appropriate paragraphs of 35 U.S.C. 102 that 
form the basis for the rejections under this section made in this Office action: 

A person shall be entitled to a patent unless - 

(b) the invention was patented or described in a printed publication in this or a foreign country or in public 
use or on sale in this country, more than one year prior to the date of application for patent in the United 
States. 

2. Claims 1-9; 25-27 are rejected under 35 U.S.C. 102(b) as being anticipated by 
Hoshuyama ("6,449.586 B1 "). 

Re claim 1, Hoshuyama disclose of an adaptive beamforming method 
(fig. 1-10), comprising: compensating for time delays of M noise- 
containing speech signals input via a microphone array having M 
microphones, wherein M is an integer greater than or equal to 2, and 
generating a sum signal of the M compensated noise -containing speech 
signals (fig. 1/(2,4) plurality of delayed noise-speech signals 
generated to (20); col. 2 line 16-35); and extracting pure noise 
components from the M compensated noise -containing speech signals 
using M adaptive blocking filters that are connected to M adaptive 
canceling filters in a feedback structure (fig.l (20) with blocking 
feedback filters to extract noise via (6); col. 4 line 1-4; and connect 
to (7)); and extracting pure speech components from the sum signal 
using the M adaptive canceling filters that are connected to the M 
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adaptive blocking filters in the feedback structure (fig.l (30) with 
canceling filters in feedback; col. 5 line 25-40). 

Re claim 2, the method of claim 1, wherein the extracting pure 
noise components comprises: filtering a noise-removed sum signal 
through the M adaptive blocking filters and subtracting signals output 
from the M adaptive blocking filters from the M compensated noise- 
containing speech signals to output M noise signals (fig. 1/20 with 
blocking filters to be subtracted (6)) and further filtering the M 
noise signals through the M adaptive canceling filters and subtracting 
signals output from the M adaptive canceling filters from the sum 
Signal (fig. 1(12, 9) sum to the sxibtractor; col. 5 line 30-40) and 
inputting M subtraction results to the M adaptive blocking filters as 
the noise -removed sum signal and adding the M subtraction results 
(fig. 1(5, 6) wt feedback as result back to f ilter) . 

Re claim 3, the method of claim 1, wherein the extracting pure 
noise signals comprises: filtering a noise-removed sum signal through 
the M adaptive blocking filters (fig.l (3,5) noise/target signals to 
filters) ; subtracting signals output from the M adaptive blocking 
filters from the M compensated noise -containing speech signals to 
output M noise signals (fig.l (6)); filtering the M noise signals 
through the M adaptive canceling filters (fig.l (7)); adding signals 
output from the M adaptive canceling filters and outputting an 
adaptive canceling filter sum signal (fig.l (12)); and subtracting the 
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adaptive canceling filter sum signal from the sum signal (fig.l (9)) 
and inputting M subtraction results to the M adaptive blocking filters 
as the noise-removed sum signal (fig. 1 (5 , 6) wt feedback as result back 
to filter) . 

Re claim 4, the method of claim 2, wherein the M adaptive 
blocking filters and the M adaptive canceling filters are finite 
impulse response filters (col. 2 line 48-52). 

Re claim 5, the method of claim 4, wherein coefficients of the M 
adaptive blocking filters and the M adaptive canceling filters are 
updated by an information maximization algorithm (col. 3 line 30-67; 
col . 5 line 10-37) . 

Re claim 6-7, have been analyzed and rejected with respect to 
claim 4-5 respectively above. 

Re claim 8, Hoshuyama disclose of an adaptive beamforming 
apparatus (fig. 1-10), comprising: a fixed beamformer that compensates 
for time delays of M noise -containing speech signals input via a 
microphone array having M microphones, wherein M is an integer greater 
than or equal to 2, and generates a sum signal of the M compensated 
noise-containing speech signals (fig. 1(20); col. 2 line 1—35); and a 
mult i -channel signal separator that extracts pure noise components 
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from the M compensated noise -containing speech signals using M 
adaptive blocking filters that are connected to M adaptive canceling 
filters in a feedback structure and extracts pure speech components 
from the sum signal using the M adaptive canceling filters that are 
connected to the M adaptive blocking filters in the feedback structure 
(fig.l (20,30) blocking and adaptive filters with feedback to extrack 
noise and speech signals respectively by each filter and see claim 1 
explanation) . 

Re claim 9, the apparatus of claim 8, wherein the fixed 
beamformer comprises: a delay unit that delays the M noise -containing 
speech signals by the time delays (fig.l (4m) /input signals to be 
delayed; col. 2 line 40-47); and a first adder that adds the M noise- 
containing speech signals delayed by the delay (fig. 1(6)), while 
Hoshuyama disclose of the above. He is silent in regard of the time, 
delay estimator that calculate the time delays of the M noise- 
containing speech signals, however, with the above disclose 
information of time delays being determined, it is inherent that there 
must exist such a time delay estimator. 

Re claim 25, Hoshuyama disclose of the method of removing noise 
from time delayed signals subject to noise, comprising: receiving 
signals having noise components; delaying the received signals having 
the noise components by a predetermined period of time to generate 
delayed received signals; adding the delayed received signals to 



Application/Control Number: 10/757,994 Page 6 

Art Unit: 2615 

generate a combination received signal (fig.l (3); col. 3 line 5- 
13/beamformers delayed as groups); generating separate clean signals 
without noise components using adaptive feedback filtering based on 
the delayed received signals, the combination received signal, and the 
separate clean signals (fig.l (5)/ with delay and total and feedback 
for clean signals) ; and generating a clean signal without noise 
components using the separate clean signals (fig.l (5,7) clean signals 
is generated) . 

Re claim 26, the method of claim 25, wherein using adaptive 
feedback filtering comprises: generating separate clean signals 
without noise components by subtracting noise components, output from 
adaptive canceling filters having predetermined coefficients, from the 
combination received signal (col. 4 line 45-67); generating separate 
noise signals by subtracting signals output from adaptive blocking 
filters having predetermined coefficients, which receive the separate 
clean signals, from the delayed received signals (fig.l (4,5); col. 3 
line 30-50) . 

Re claim 27, the method of claim 26, wherein generating the clean 
signal without noise components comprises adding the separate clean 
signals (fig. 1(5) with feedback clean signals updated). 
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Claim Rejections - 35 USC § 103 

3. The following is a quotation of 35 U.S.C. 103(a) which fomris the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth In section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
Invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner In which the invention was made. 

4. Claims 10-15; 17; 21-24 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Hoshuyama ("6.449,586 B1") and further in view of Bhadkamkar et 
al. ("60002.776). 

Re claim 10, the apparatus of claim 8, wherein the multi-channel 
signal separator comprises: a first filter that filters a noise- 
removed sum signal through the M adaptive blocking filters; a first 
subtracter that subtracts signals output from the M adaptive blocking 
filters from the M compensated noise -containing speech signals using M 
subtracters (fig.l (20) with filters (5) and subtracter); a second 
filter that filters M subtraction results of the first subtracter 
through the M adaptive canceling filters (fig.l (30/7)). While, 
Hoshuyama disclose of the above. He fail to disclose of the second 
subtracter that subtracts signals output from the M adaptive canceling 
filters from the sum signal using M subtracters ■ But , Bhadkamkar et 
al. disclose of an audio processing system wherein the second 
subtracter that subtracts signals output from the M adaptive canceling 
filters from the sum signal using the M subtracter (fig.3,5,7 (56,54) 
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in addition to first filter and substractor for the plurality of input 
microphones) for the purpose of leaving signal component only from the 
original source B. thus, taking the combined teaching of Hoshuyama and 
Bhadkamkar et al, as a whole/ it would have been obvious for one of 
the ordinary skill in the art to modify Hoshuyama by incorporating 
the second subtracter that sxibtracts signals output from the M 
adaptive canceling filters from the sum signal using the M subtracter 
for the purpose of leaving signal component only from the original 
source B. 

The combined teaching of Hoshuyama and Bhadkamkar et al . as a 
whole, further teach of the inputs M subtraction results to the M 
adaptive blocking filters as the noise-removed sum signal 
(Badkamkar,fig.3,5,7 (52)/ subtraction result into the adaptive filters 
inputted) ; The combined teaching of Hoshuyama and Bhadkamkar et al. 
as a whole, would have incorporate the second adder that adds signals 
output from the M subtracters of the second subtracter (Hoshuyama, 
fig.l (9) ) . 

Re claim 11, the apparatus of claim 8, wherein the multi-channel 
signal separator comprises: a first filter that filters a noise- 
removed sum signal through the M adaptive blocking filters (fig.l 
(20)); a second filter that filters signals output from the M 
subtracters of the first subtracter through the M adaptive canceling 
filters (fig. 1(30)); a second adder that adds signals output from M 
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adaptive canceling filters of the second filter (fig.l (9)); and a 
second subtracter that subtracts signals output from the second adder 
from the signals output from the fixed beamformer and inputs M 
subtraction results to the M adaptive blocking filters as the noise- 
removed sum signal (fig. 1(6)). While Hoshuyama disclose of the above, 
he fail to disclose of the a first subtracter that subtracts signals 
output from the M adaptive blocking filters from the M compensated 
noise -containing speech signals using M subtracters. However, 
Bhadkamkar et al . disclose of an audio processing system wherein the 
first subtracter that subtracts signals output from the M adaptive 
blocking filters from the M compensated noise- containing speech 
signals using M subtracters (Badkamkar, f ig. 3 , 5 , 7 (56 , 54) / subtraction 
result from adaptive filter) for the purpose of leaving signal 
component only from the original source B. thus, taking the combined 
teaching of Hoshuyama and Bhadkamkar et al. as a whole, it would have 
been obvious for one of the ordinary skill in the art to modify 
Hoshuyama by incorporating the first subtracter that subtracts signals 
output from the M adaptive blocking filters from the M compensated 
noise-containing speech signals using M subtracters for the purpose of 
leaving signal component only from the original source B. 

Re claim 12, the apparatus of claim 10, wherein the M adaptive 
blocking filters and the M adaptive canceling filters are finite 
impulse response filters (col. 2 line 48-52). 
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Re claim 13, the apparatus of claim 12, wherein coefficients of 
the M adaptive blocking filters and the M adaptive canceling filters, 
are updated by an information maximization algorithm (col. 3 line 30- 
67; col. 5 line 10-37) . 

Re claims 14-15 have been analyzed and rejected with respect to 
claims 12-13 respectively. 

Re claim 17, the apparatus of claim 16, wherein the feedback 
structure of the signal separator comprises: a plurality of first 
subtracters that receive the delayed received signals and subtract 
corresponding signals from the plurality of adaptive blocking filters 
to output separate noise component signals (fig.l {6m)); and the 
plurality of adaptive canceling filters receive the corresponding 
separate noise component signals as inputs (fig. 1(30) input adaptive 
filters) . While, Hoshuyama disclose of the above. He fail to further 
disclose of the plurality of second subtracters that receive the 
combination received signal and subtract corresponding signals from 
the plurality of adaptive canceling filters to output separate clean 
signals without noise components. But, Bhadkamkar et al. disclose of 
an audio processing system wherein the second subtracters that receive 
the combination received signal and subtract corresponding signals 
from the adaptive canceling filters to output separate clean signals 
without noise components ("fig. 3, 5 /wt subtracter (56)) for the purpose 
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of leaving signal component only from the original source B, thus 
taking the combined teaching of Hoshuyama and Bhadkamkar et al . as a 
whole, it would have been obvious for one of the ordinary skill in the 
art to modify Hoshuyama by incorporating the plurality of second 
subtracters that receive the combination received signal and siibtract 
corresponding signals from the plurality of adaptive canceling filters 
to output separate clean signals without noise components for the 
purpose of leaving signal component only from the original source B. 

The combined teaching of Hoshuyama and Bhadkamkar et al. as a 
whole, would have incorporate further of the plurality of adaptive 
blocking filters receive the corresponding separate clean signals 
without noise components as inputs (Bhadkambar, f ig. 3 (54) ) . 

Re claim 21, the apparatus of claim 16, wherein the feedback 
structure of the signal separator comprises: a plurality of first 
subtracters that receive the delayed received signals and subtract 
corresponding signals from the plurality of adaptive blocking filters 
(fig. 1(6)), and the plurality of first subtracters outputs signals to 
the plurality of adaptive canceling filters (fig.l (7)); an adder that 
adds signals output from the plurality of adaptive canceling filters 
to output a total noise component signal (fig. 1(8)). While Hoshuyama 
disclose of the above. He fail to further disclose of the second 
subtracter that receives the combination received signal and subtracts 
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the total noise component signal to output a clean signal without 
noise components. But, Bhadkamkar et al. disclose a sound processing 
wherein the second subtracter that receives the combination received 
signal and subtracts the total noise component signal to output a 
clean signal without noise components (fig. 5 (56))and fig. 3) for the 
purpose of leaving signal component only from the original source B. 
thus, taking the combined teaching of Hoshuyama and Bhadkamkar et al. 
as a whole, It would have been obvious for one of the ordinary skill 
in the art to modify Hoshuyama by incorporating the second subtracter 
that receives the combination received signal and subtracts the total 
noise component signal to output a clean signal without noise 
components for the purpose of leaving signal component only from the 
original source B. 

The combined teaching of Hoshuyama and Bhadkamkar et al. as a 
whole, further teach of the plurality of adaptive blocking filters 
receive the clean signal without noise components as an input and the 
adaptive blocking filters generate signals corresponding to a portion 
of the clean signal without noise components of the delayed received 
signals to the plurality of first sxabtractors (Bhadkambar, f ig. 3 (54) ) . 

Re claim 22, the apparatus of claim 17, wherein the adaptive 
blocking filters and the adaptive canceling filters are finite impulse 
response filters (col. 2 line 48-52). 
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Re claim 23, the apparatus of claim 18, wherein the blocking 
coefficients and the canceling coefficients are updated automatically 
by an information maximization algorithm (col. 3 line 30-67; col. 5 
line 10-37 & see claims 1 for explanation) . 

Re claim 24, the apparatus of claim 19, wherein a number of taps 
necessary to implement the feedback structure is optimized (col. 3 line 
12-13; line 30-45) . 



5. Claim 161 18-20; 28-30 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Hoshuyama ("6449.586 B1). 

Re claim 16, Hoshuyama disclose of the adaptive beamforming 
apparatus (fig. 1-10), comprising: a receiver that receives signals 
including noise components, delays the received signals by a 
calculated time to provide delayed received signals (fig.l 
(20, 40) /delay signals), and adds the delayed received signals to 
provide a combination received signal (fig.l (3); col. 3 line 5- 
13/beamformers delayed as groups) ; a signal separator that generates a 
clean signal without noise components based on adaptively filtering 
the delayed received signals and the combination received signal by a 
plurality of adaptive blocking filters having blocking coefficients 
(fig.l (20) plurality of blocking filters with (3,4) group and delayed 
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signals; col. 3) and a plurality of adaptive canceling filters having 
canceling coefficients connected in a feedback structure, wherein the 
blocking coefficients and the canceling coefficients are updated 
during operation of the signal separator (co. 4 line 5-60;col.3/ fig.l 
filters wt feedback) . While, Hoshuyama disclose of the above 
limitation, he fail to further disclose of the specific of the 
coefficients are updating automatically, However, official notice is 
taken that this limitation of automatically updating is commonly known 
in the art, thus it would have been obvious for one of the ordinary 
skill in the art to have modified Hoshuyama by incorporating the 
limitation of automatically updating for purpose of optimizing the 
system. 

Re claim 18, the apparatus of claim 17, wherein the adaptive 
blocking filters and the adaptive canceling filters are finite impulse 
response filters (col. 2 line 48-52) , 

Re claim 19, the apparatus of claim 18, wherein the blocking 
coefficients and the canceling coefficients are updated automatically 
by an information maximization algorithm (col. 3 line 30-67; col. 5 
line 10-37) . 
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Re claim 20, the apparatus of claim 19, wherein a number of taps 
necessary to implement the feedback structure is optimized (col. 3 line 
12-13 ; line 30-45) . 

Re claim 29, the method of claim 26, further comprising: updating the 
coefficients of the adaptive canceling filters and the adaptive 
blocking filters automatically by an information maximization 
algorithm (col. 3 line 30-67; col. 5 line 10-37 and _see claim 16 for 
automatically explanation) , 

Re claim 30, the method of claim 26, further comprising: updating 
the coefficients of the adaptive canceling filters and the adaptive 
blocking filters automatically by one of a least square algorithm and 
a normalized least square algorithm (col. 3 line 34-45 

Re claim 28 has been analyzed and rejected with respect to claim 
29 above. 

Conclusion 

Any inquiry concerning this communication or earlier communications from the examiner 
should be directed to Disler Paul whose telephone number is 571-2701 187. The examiner can 
normally be reached on 7:30-5:00. 
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If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Chin Vivian can be reached on 571-272-7848. The fax phone number for the 
organization where this application or proceeding is assigned is 571-273-8300. 

Infomiation regarding the status of an application may be obtained from the Patent 
Application Information Retrieval (PAIR) system. Status infomiation for published applications 
may be obtained from either Private PAIR or Public PAIR. Status information for unpublished 
applications Is available through Private PAIR only. For more information about the PAIR 
system, see http://pair-direct.uspto.gov. Should you have questions on access to the Private 
PAIR system, contact the Electronic Business Center (EBC) at 866-217-9197 (toll-free). If you 
would like assistance from a USPTO Customer Service Representative or access to the 
automated infomiation system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000. 
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